The inclusion of edge diffraction has long been recognized as an improvement to geometrical-acoustics (GA) modeling techniques, particularly for acoustic simulations of complex environments that are represented as collections of finite-sized planar surfaces. One particular benefit of combining edge diffraction with GA components is that the resulting total sound field is continuous when an acoustic source or receiver crosses a specular-zone or shadow-zone boundary, despite the discontinuity experienced by the associated GA component. In interactive acoustic simulations which include only GA components, such discontinuities may be heard as clicks or other undesirable audible artifacts, and thus diffraction calculations are important for high perceptual quality as well as physical realism. While exact diffraction calculations are difficult to compute at interactive rates, approximate calculations are possible and sufficient for situations in which the ultimate goal is a perceptually plausible simulation rather than a numerically exact one. In this paper, we describe an edge-subdivision strategy that allows for fast time-domain edge-diffraction calculations with relatively low error when compared with results from a more numerically accurate solution. The tradeoff between computation time and accuracy can be controlled with a number of parameters, allowing the user to choose the speed that is necessary and the error that is tolerable for a specific modeling scenario.
INTRODUCTION
Edge-diffraction impulse responses (IRs) are useful for acoustic simulations involving objects or environments comprising faceted surfaces and have been applied to many problems in acoustics such as loudspeaker radiation [1] , noise-barrier analysis [2] , and room-acoustics modeling [3] . Diffraction calculations correct for the high-frequency approximation inherent in modeling techniques based on geometrical-acoustics (GA) assumptions, allow for the modeling of sound propagation around occluders and into shadow zones, and provide a smooth, continuous soundfield at specular-zone and shadow-zone boundaries when combined with GA components. All of these factors are important to achieve perceptual realism when auralizing sound fields for virtual-acoustic simulations. When dynamic or interactive simulations are required, continuity of the sound field becomes particularly important. Moving sources or receivers (i.e., listeners) may cross a zone boundary where the associated GA component (the direct sound or a specular reflection) experiences a discontinuity as it abruptly enters or drops out of the impulse response due to the presence of an occluder or a reflecting surface. Such discontinuities may be heard as clicks or other undesirable audible artifacts if diffraction is not included in the simulated sound field.
Diffraction calculations are generally quite time consuming, a problem that is exacerbated by complex virtual environments with many edges and by interactive simulations which require fast update rates. Existing modeling systems such as those described in [4, 5] address this constraint by using an approach based on the Uniform Theory of Diffraction (UTD) [6] , a high-frequency approximation that can be computed quickly. Two assumptions built into the UTD are that the diffracting edge is infinitely long, and that it is far (relative to wavelength) from the source and receiver. An alternative approach which makes no 2 EURASIP Journal on Advances in Signal Processing assumptions about frequency or geometry involves the exact Biot-Tolstoy-Medwin (BTM) expression for diffraction from an infinite rigid wedge [7, 8] , which has been derived in a line-integral formulation for finite edges [9] . However, the computational complexity of this method has restricted its use to static scenarios and offline calculations for dynamic simulations.
In this paper, we describe a technique which allows for fast calculations of edge-diffraction impulse responses based on the BTM formulation presented by Svensson et al. in [9] . This formulation is given as an integral along the diffracting edge, suggesting an approach in which the edge can be subdivided into segments for processing. We use a hybrid approach in which each edge is subdivided into two types of segments: sample-aligned segments, each of which contributes to exactly one sample of the diffraction IR; and large evenly sized segments which contribute to multiple IR samples. The former provide a high level of accuracy, but their boundaries are relatively slow to compute and must be updated when the source or receiver is moved. Therefore, we use them only for a small part of the edge which contributes a significant portion of the total diffracted energy to the early part of the IR. The latter segments introduce some error, but their boundaries are independent of the source and receiver positions and can be computed quickly in a preprocessing step for use with the IR tails. The subdivision process, and thus the tradeoff between computation time and accuracy, can be controlled with a number of parameters, allowing the user to choose the speed that is necessary and the error that is tolerable for a specific modeling scenario.
The remainder of this paper is organized as follows. Section 2 discusses related work on diffraction calculations and acoustic modeling. Section 3 contains a brief review of the diffraction formulation in [9] that we use as a basis for our method. Section 4 describes an extension to the edgesubdivision strategy presented in [10] which we use in our system, and Section 5 addresses the various parameters available for adjusting the speed and accuracy of the diffraction calculations. Section 6 presents example calculations along with timing and accuracy data, and Section 7 contains conclusions and suggestions for future work.
RELATED WORK
Modeling for interactive acoustic simulations is typically done with one of three basic techniques: the image-source method [11, 12] , ray tracing [13] , or beam tracing [14] . 1 All three are based on geometrical-acoustics assumptions, and thus consider sound propagation only along straight ray-like paths. Such behavior is only correct at asymptotically high frequencies, but GA modeling techniques can provide high levels of accuracy and realism when the dimensions of the reflecting surfaces are large relative to wavelength. For accurate modeling at low frequencies, with relatively small surfaces, and/or in densely occluded environments, edge diffraction must be taken into account.
While there are many techniques to calculate edge diffraction, two are applied most commonly to acoustic simulations of virtual environments. The first, a frequency-domain method, is the Uniform Theory of Diffraction [6] , an extension of the Geometrical Theory of Diffraction [15] . Because the UTD describes diffraction along ray-like paths, it is well suited for integration with GA modeling techniques. UTDbased diffraction can be calculated sufficiently quickly for use in interactive sound-field simulations. However, the UTD is a high-frequency approximation which assumes the diffracting edge has infinite length, and is valid only for source and receiver locations which are far from the edge.
The UTD has been used in two interactive acoustic modeling systems that utilize beam tracing to find the GA components. The first, developed by Funkhouser et al. [4] and Tsingos et al. [16] , uses a precomputed beam tree with its root at a fixed source location to identify areas in a 3D model which can be reached by direct, reflected, and/or diffracted sound. As a receiver is moved throughout the modeled environment, the beam tree is used to identify valid propagation paths from the source to the receiver location rapidly, allowing for interactive modeling. For each diffracting edge in a valid path, UTD-based diffraction is calculated based on the shortest path through the edge. For reduced computation time (with a corresponding reduction in accuracy), diffraction calculations can be limited to receivers in shadow zones.
In the second system, developed by Antonacci et al. [5, 17, 18] , visibility diagrams for all reflecting surfaces in a 2.5D model (i.e., arbitrarily placed vertical walls with horizontal floors and ceilings) are precomputed using a dualspace representation of the model's geometry. These visibility diagrams allow for rapid construction of beam trees, which in turn allows for interactive modeling with a moving source as well as a moving receiver. UTD diffraction coefficients can be computed for each diffracted path, or can be interpolated from a small set of precomputed values for faster processing.
The second common diffraction-calculation method uses the Biot-Tolstoy-Medwin (BTM) solution, a time-domain formulation for diffraction from a rigid or pressure-release wedge [7, 8, 19] . In particular, the BTM-based expression derived by Svensson et al. in [9] has been used by a number of authors (e.g., see [3, 20, 21] ) because it is formulated as a line integral along the diffracting edge and thus is well suited for use with finite edges, and because the BTM solution gives an exact solution for diffraction from a rigid (or pressure release) wedge. Further details of the BTM formulation in [9] are provided in Section 3 as it is the basis for our approximation technique.
The computational complexity of the BTM method has thus far made it of limited use for interactive systems, and this has led to two approximations which were developed specifically to reduce computation time while limiting audible errors in the diffraction. In [22] , Lokki et al. calculate diffraction impulse responses using the BTM method (specifically (2) below), use the FFT to find the diffraction frequency response, and fit a warped infinite-impulse response filter to the smoothed diffraction magnitude response. While this method has been used in dynamic sound rendering with the DIVA system (see [20, 23, 24] ), the diffraction calculations must be done offline in a preprocessing stage given the positions of the (moving) source and receiver over time. Interactive simulations are not possible with this approach due to the computation time needed to compute the diffraction IRs and construct the approximation filters. In [25, 26] , de Rycker and Torres et al. approximate edge diffraction in a somewhat similar fashion with finite impulse-response (FIR) low-pass filters. However, their method was only tested with static source and receiver pairs, was not integrated into a GA modeling system, and did not provide a way to estimate the frequency-domain diffraction response needed for the filter construction without full impulse-response calculations.
Commercially available acoustic modeling tools such as CATT [27] and Odeon [28] simulate the effects of diffraction on the reflection and scattering from finite surfaces by adjusting the spectra of specular reflections and the fraction of energy that is scattered in nonspecular directions. However, they ignore diffraction into shadow zones, do not calculate explicit diffraction impulse responses, and do not provide interactive simulations. Tsingos and Gascuel [29, 30] interactively simulate occlusion effects due to diffraction from objects between a source and receiver, but also do not calculate diffraction explicitly.
BTM EDGE DIFFRACTION
As mentioned above, our diffraction approximations are based on a line-integral formulation of the exact BTM solution as described in [9] . Consider a rigid wedge of finite length, a point source S, and a receiver R whose positions are given with edge-aligned cylindrical coordinates (r S , θ S , z S ) and (r R , θ R , z R ), respectively, as shown in Figure 1 . The source signal is defined as q(t) = ρ 0 A(t)/4π, where ρ 0 is the density of air and A(t) is the volume acceleration of the point source. Such a source signal implies that the free-field impulse response of the source is h(τ) = δ(τ − d/c)/d, where d is the distance from the source to the receiver and c is the speed of sound. Sound pressure can be calculated through the convolution integral
(
The continuous-time edge-diffraction IR at the receiver is given in [9] as an integral over the edge position z,
where ν = π/θ W is the wedge index, θ W is the open wedge angle, δ is the Dirac delta function, m and l are the distances from S and R, respectively, to a position on the edge, and c is the speed of sound. Figure 1 : Wedge geometry and coordinate system. Locations are specified in cylindrical coordinates where r is the radial distance from the edge, θ is measured from one of the two wedge faces, and the z-axis is aligned with the edge. P S and P R are virtual half-planes that contain S and R, respectively, and the edge.
endpoints are used for the integration limits z 1 and z 2 . The functions β i are
where the angles ϕ i are the four combinations of π ± θ S ± θ R and the auxiliary function η is
The shortest path from the source to the receiver through the line that contains the edge goes through the so-called apex point on that line, and this apex point may or may not be contained within the physical edge. If it is, the onset time of the diffraction IR is determined by the path through the apex point. If it is not, the onset time is determined by the shorter of the two paths through the endpoints of the physical edge.
The conversion of (2) into a discrete-time formulation, h(n), can be accomplished by subdividing the edge into segments, and for each segment calculating the IR contribution and distributing it among the appropriate time samples. Numerical integration over each segment is generally straightforward, but the edge-diffraction IR expression is subject to an onset singularity when cosh(νη) = cos(νϕ i ) = 1 as seen in (3) . This singularity is addressed in [31] , and analytical approximations are given for the first sample of the discrete-time IR, h(n 0 ), which is the only sample affected.
EDGE-SUBDIVISION STRATEGIES
Two basic edge-subdivision strategies have been considered previously for the calculation of discrete-time edge-diffraction IRs: subdivision into sample-aligned segments, and Unfolded 2D view of a source, receiver, and segmented edge. The upper edge is marked with the boundaries for a 3-sample alignment zone (samples n 0 , n 1 , and n 2 ) in black and the original even-segment boundaries in red. The lower edge (S and R not shown) is marked with the modified segment boundaries for the hybrid subdivision scheme in blue: even segments overlapping the alignment zone have been truncated at the edges of the zone, and those completely within the alignment zone have been discarded. The apex point is marked with an "x." subdivision into evenly sized segments [9, 10] . 2 A third method, which is a hybrid of these two, was proposed in a simpler form in [10] , and the remainder of this paper describes the implementation and the evaluation of a more robust form of that method.
Subdivision into sample-aligned segments
Sample-aligned segments correspond to portions of an edge which lie between intersections with two confocal ellipsoids (see Figure 2) . The foci of the ellipsoids are the source and receiver locations, and the lengths of the axes are determined by the distances c(n ± 0.5)/F S , where F S is the sampling frequency and n is the sample index. With such boundaries, each segment contributes to exactly one sample of the discrete-time diffraction IR, which can be written
2 Medwin et al. [19] and Clay and Kinney [32] also address the conversion of a continuous-time diffraction IR to a discrete-time diffraction IR, although they do so using a form of (2) given as an integral over time so they do not formulate the conversion as an edge-subdivision problem.
Calculation of the integration limits z n,1 and z n,2 involves finding the roots of a quadratic equation and is described in [31] . Sample-aligned segments are advantageous for many reasons. First, despite the low-pass filtering implied by the area sampling in (5), the spectrum of the discrete-time IR can be made to match that of the exact continuous-time IR up to a chosen frequency by using a sufficiently high sampling rate. 3 Second, this method can be used easily with the analytical approximations for sample n 0 in [31] to avoid the onset singularity because the boundaries corresponding to that sample are given explicitly. Finally, the per-segment processing is straightforward: each segment's contribution is calculated using either numerical integration or the analytical approximation, and the result is added to the corresponding sample of the IR.
Sample-aligned segments unfortunately are not practical for interactive simulations because of the associated computational demands. The segment-boundary calculations are time consuming, the boundaries must be recalculated when the source or receiver is moved, and high sampling frequencies often result in high segment counts.
Subdivision into evenly sized segments
Evenly sized segments for an edge of length L are generated by choosing a maximum length Δz, and subdividing the edge into k segments of length l where k = L/Δz and l = L/k. The segment-boundary values are easily calculated and are independent of the source and receiver locations; thus they can be calculated once in a simple preprocessing step. However, excessively large values of l or Δz can introduce significant errors in the resulting IR, while small values may result in a prohibitively large number of segments to process. Persegment processing is somewhat more complicated than with sample-aligned subdivision because each segment may contribute to multiple IR samples. For each segment, the group of corresponding samples must be determined, and the total segment contribution must be calculated and then spread appropriately across these samples. Finally, the boundaries corresponding to sample n 0 are not given explicitly, making it more difficult to avoid the onset singularity.
When using evenly sized segments that contribute to multiple IR samples, the amplitude value A obtained by integrating over the length of a segment must be distributed among the appropriate samples. The path lengths from the source to the receiver through the endpoints of a segment can be used to calculate the span of samples, S sp , to which the segment contributes, and A can be distributed in a number of ways. The simplest approach is to evenly distribute A among the samples, but this leads to a staircase effect in the IR. As described in [10] , we apply a correction to the even distribution to achieve a linear approximation of the local slope of the IR. An example of the multi-sample distribution with and without the slope correction can be seen in Figure 3. 
Hybrid subdivision strategy
A hybrid subdivision strategy can be used to exploit some of the benefits of both sample-aligned and evenly sized segments. With this method, a small number of sample-aligned segments is used to calculate the first N samples of the diffraction impulse response, and evenly sized segments are used to process the remainder of the edge. Any portion of an evenly sized segment that overlaps the alignment zone (i.e., would contribute to any of the first N samples) is discarded. An example of hybrid subdivision with N = 3 is shown in Figure 2 . If the source or receiver is moved, the boundaries for the first N segments must be recalculated and the alignment-zone overlap tests must be repeated, but this is far less time consuming than recalculating sample-aligned boundaries for the entire edge. This method was introduced in [10] , but utilized only a one-sample alignment zone.
CALCULATION PARAMETERS
Given the hybrid subdivision method described above, our goal is to minimize the diffraction processing time while limiting the error in the calculations. Three parameters provide control over the accuracy and timing: the number of samples in the alignment zone; the size of the evenly sized segments; and the integration technique used to calculate the contribution of each segment, which can be chosen independently for the alignment zone and the even segments.
Size of the alignment zone
Because diffraction impulse responses tend to have an impulsive onset followed by a rapidly decaying tail, the highfrequency response is governed by the early samples. The low-frequency response is determined by the total integral over the entire edge, but this value also is strongly dependent on the early part of the IR which has a high amplitude relative to that of the tail. Therefore, accurate computation of the early part of a diffraction IR is critical for an accurate reproduction of its broadband spectral content and thus its perceptual characteristics. Our implementation of the hybrid edge-subdivision scheme allows for an alignment zone of arbitrary size, although as described in Section 6 the use of as few as 4 sample-aligned segments can be sufficient for results with low spectral error.
Segment size
The size of the even segments is given in terms of the maximum number of IR samples, n S , to be spanned by any one segment, and converted to a length using
where c is the speed of sound and F S is the sampling frequency. In practice, the actual sample span of most segments is well below the specified upper bound of n S . A single value of Δz is used for all edges in a given modeling environment. As Δz increases, computation time decreases due to fewer calls of the integration function, and accuracy decreases because each segment's diffraction contribution must be distributed over a larger span of samples, and the assumption of a locally linear slope over such a span becomes less valid.
Numerical integration technique
Our implementation provides a choice of three numerical integration techniques: 5-point compound Simpson's rule integration with one step of Romberg extrapolation, standard 3-point Simpson's rule integration, and 1-point midpoint integration [33] . Because the integrand, β i /ml, includes one hyperbolic and two standard trigonometric functions (see (3)), a reduction of the number of points at which it must be evaluated can lower the total processing time significantly for multi-edge environments, albeit with a corresponding reduction in accuracy. Any of the three techniques can be chosen for the alignment zone and for the evenly sized segments independently. However, the relative importance of the early part of the diffraction IR suggests that combinations in which the integration technique for the alignment zone is equal to or more accurate than that for the evenly sized segments will yield the best results.
RESULTS
To evaluate the effect of the parameters described in Section 5 on the computation of diffraction impulse responses, we simulated the diffraction from an array of rigid rectangular 6 EURASIP Journal on Advances in Signal Processing Figure 4 . All calculations included first-order diffraction only; neither of the source/receiver pairs engendered a specular reflection from the array, and the direct sound and higher diffraction orders were omitted. Due to the absence of GA components, our testing scenarios are conservative in the sense that they overemphasize the need for accurate diffraction modeling. All processing was done on a desktop computer with a 3.2 GHz Pentium 4 processor and 2 gigabytes of RAM, and all impulse responses were generated with a sampling rate of 96 kHz. All computation times are averages from 100 trials, and represent the time to compute all 140 diffraction IRs for the total panel-array response. For each of the two source/receiver pairs, the impulse response generated with sample-aligned segments and 5-point integration for all samples was used as the baseline for all speed and accuracy evaluations. Such calculations previously have been shown to agree quite well with measured data [35, 36] , so no comparisons to measured data are included here.
For a conservative approximation of the audibility of the errors in the diffraction IRs, we calculated the diffraction magnitude spectra, smoothed them with 1/10-octave filters, and compared them with the smoothed spectrum of the corresponding baseline case. Differences of less than 1 dB between 20 Hz and 20 kHz were assumed to be inaudible and thus acceptable for perceptual accuracy. Even though all diffracting edges were 1.2 m long, the individual impulse responses within the total response from the panel array ranged in size from 16 to 393 samples for the first source/receiver pair, and from 14 to 441 samples for the second source/receiver pair.
Using the hybrid method, we tested 180 combinations of the calculation parameters with each of the two source/ receiver pairs. These combinations included: variations in the size of the alignment zone from 1 to 10 samples; three sizes of evenly sized segments, specified as maximum sample spans of 40, 100, and 300 samples; and the three integration techniques used independently on the alignment zone and the evenly sized segments. Only combinations for which the alignment-zone integration technique was equal to, or more accurate than, that for the evenly sized segments were used. For example, given an alignment zone of 5 samples, evenly sized segments limited to a span of no more than 100 samples, and 3-point alignment-zone integration, only 3-point and 1-point integration were tested for the evenly sized segments.
Overall results from the 360 hybrid-subdivision tests are shown in Figure 5 , where the maximum error in the 1/10th-octave smoothed spectra (below 20 kHz) for the panel array is plotted against the total processing time. The trend of reduced error with increased processing time is clear, and the effects of the various parameters are generally as expected. For example: all results with a maximum error greater than 4 dB were generated using the largest even-segment size and a single-sample alignment zone; all results with a maximum error less than .09 dB were generated using the smallest segment size and an alignment zone of at least 6 samples; all but one of the results with a processing time less than 4 ms used 1-point integration with 100-sample or 300-sample even segments. Table 1 contains the parameters which resulted in the five fastest processing times with a maximum error of less than 1 dB in the smoothed spectrum for each of the two source/receiver pairs. While there is not a single combination of parameters that yields the "best" result for both source/receiver pairs, the use of a small alignment zone (N ≈ 4 samples) to compute the onset of the diffraction IRs allows for the use of simplified numerical integration and moderately large evenly sized segments and thus rapid calculations with low error. Using the first entry for each source/receiver pair in Table 1 , the processing time for S 1 and R 1 was reduced by a factor of 46.6 (from 171 ms to 3.67 ms) and that for S 2 and R 2 by a factor of 41.7 (from 138 ms to 3.31). As can be seen in Figure 6 , the processing time for computing the total diffraction impulse response grows linearly with the number of evaluations of the diffraction integrand. This further supports the use of a small align- Figure 7: Impulse responses for source position S 1 and receiver position R 1 . The blue IR (shown in the main figure and the inset) is the baseline calculation using sample-aligned segments and 5-point integration, and the red IR (inset only) is an approximation using hybrid subdivision with the parameters specified in Line 1 of Table 1 . Figure 9 for the difference between the two. ment zone, moderately large evenly sized segments, and simple integration for rapid calculations.
Results from an example calculation can be seen in Figures 7 and 8 . The IRs and corresponding magnitude spectra shown were generated for S 1 and R 1 using the baseline parameter configuration (all sample-aligned subdivision with 5-point integration), and with hybrid subdivision using the Table 1 . The dashed line is the error for an approximation using S 2 and R 2 and the parameters in Line 7 of Table 1. following parameters (see Table 1 Line 1): an alignment zone of 4 samples, a maximum sample span for the even segments of 100 samples, and 1-point integration for the entire edge. Figure 7 shows the total impulse response calculated for the panel array, and the inset contains a zoomed-in view of a portion of the IR where the hybrid method's piecewise linear approximation of the IR can be seen. Figure 8 contains the smoothed magnitude spectra of the two IRs. The error (difference between the two spectra) is plotted in Figure 9 , as is the error for an example calculation using S 2 and R 2 with the parameters given in Line 7 of Table 1 . The maximum error below 20 kHz occurs at approximately 325 Hz for S 1 and R 1 and at 13.05 kHz for S 2 and R 2 .
CONCLUSIONS
In this paper, we have presented an edge-subdivision strategy that allows for fast time-domain edge-diffraction calculations with low error. For a given scenario, each edge in a 3D model initially is subdivided into evenly sized segments. As a source and/or receiver is moved in or around the model, the section of each edge which contributes to the first few samples of the edge-diffraction IR, which is dependent on the source and receiver positions, is subdivided into segments such that each one contributes to exactly one sample of the diffraction IR. Even segments overlapping this alignment zone are truncated at the edges of the zone, and those completely within the alignment zone are discarded. The diffraction integral is then evaluated for all remaining segments along the edge. Because the sample-aligned subdivision provides numerically accurate results with a high computational cost, we generally restrict its use to the early portion of the IR which contains a significant percentage of the total diffracted energy and thus must be calculated accurately for a perceptually convincing simulation. However, a user is free to choose the size of the alignment zone, as well as the size of the evenly sized segments and the integration technique(s) used to evaluate the two types of segments to optimize the speed-accuracy tradeoff for each modeling scenario. Tests on an array of rigid panels indicate that fast, low-error results can be obtained with an alignment zone of approximately 4 samples, even segments limited to a 100-sample span (with a sampling frequency of 96 kHz), and numerically simple midpoint integration for all segments. Our method can be combined easily with a geometrical-acoustics modeling approach such as image-source modeling or beam tracing to provide rapid calculations of a smooth continuous sound field for interactive acoustic simulations.
This work suggests several avenues for future research. First, we would like to study the audibility of the errors introduced by the subdivision strategy. Our error criterion of 1 dB in the 1/10th-octave smoothed spectra is quite conservative and can likely be relaxed significantly when the diffraction calculations are combined with GA components which typically dominate the sound field. However, listening tests could provide more definitive results, and possibly could provide guidelines for choosing subdivision parameter values appropriate for different applications. The listening tests also could include comparisons to other fast diffraction approximations, for example, those based on the UTD. While our method should provide higher accuracy, the perceptual benefits of that accuracy have yet to be established.
Second, the extension of this method to higher orders of diffraction and nonrigid surfaces should also be considered. In regard to the former, there is some evidence to suggest that higher orders of diffraction can be neglected when auralizing simulated impulse responses [3] . However, this has not been tested in interactive or dynamic simulations in which discontinuities in the geometrical-acoustics field may result in audible artifacts. In regard to nonrigid surfaces, solutions for diffraction from a density-contrast wedge have been developed [37, 38], but there currently is no known general solution for diffraction from a wedge of arbitrary impedance. Many interior and exterior building materials (e.g., concrete, brick, and thick plaster) which are likely to be simulated in virtual environments are acoustically "hard," thus the assumption of rigidity may not be a significant limitation. Nevertheless, a more general edge-diffraction expression applicable to all materials would allow for more accurate results, and edge-subdivision could be applied to it for rapid calculations.
Third, to reduce computation time further, we could consider a number of ways to omit edges during processing. For example, we could use an approach similar to the one in [16] in which diffraction calculations can be limited to edges for which the receiver is in the shadow zone. However, it might be helpful to extend the calculation range to include edges for which the receiver is within a small angular distance of a zone boundary. This would ensure sound-field continuity across all zone boundaries, and would capture the diffraction IRs where their amplitudes are maximal. Another approach could involve omitting edges for which the apex point is not included within the edge since the amplitude of the diffraction IR for such cases is small. Preliminary results for these forms of "diffraction culling" are presented in [39] .
Finally, this subdivision scheme may aid in two additional aspects of virtual acoustic simulations that include diffraction: visibility calculations and directional auralization. In regard to visibility, simulations of densely occluded environments require additional calculations to determine the portion(s) of each edge to which the source and receiver both have clear lines of sight. Approximate visibility could be computed by simply considering the visibility of the midpoint of each segment from the source and receiver. In regard to auralization of diffraction, Torres et al. [3] have suggested convolving each diffraction IR with the head-related impulse response specific to the direction of the least-time diffracted path. In some cases, however, an edge (from apex point to end point) may subtend an angle large enough such that a single direction of arrival for the entire IR is not sufficient for a perceptually accurate simulation. In such cases, the diffraction IR could be auralized using paths through the midpoints of the segments (or a subset of segments) to allow the direction of arrival to change over time. 
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Special Issue on
Human-Activity Analysis in Multimedia Data
Call for Papers
Many important applications of multimedia revolve around the detection of humans and the interpretation of human behavior, for example, surveillance and intrusion detection, automatic analysis of sports videos, broadcasts, movies, ambient assisted living applications, video conferencing applications, and so forth. Success in this task requires the integration of various data modalities including video, audio, and associated text, and a host of methods from the field of machine learning. Additionally, the computational efficiency of the resulting algorithms is critical since the amount of data to be processed in videos is typically large and real-time systems are required for practical implementations. Recently, there have been several special issues on the human detection and human-activity analysis in video. The emphasis has been on the use of video data only. This special issue is concerned with contributions that rely on the use of multimedia information, that is, audio, video, and, if available, the associated text information.
Papers on the following and related topics are solicited:
• Video characterization, classification, and semantic annotation using both audio and video, and text (if available).
• Video indexing and retrieval using multimedia information.
• Segmentation of broadcast and sport videos based on audio and video.
• Detection of speaker turns and speaker clustering in broadcast video.
• Separation of speech and music/jingles in broadcast videos by taking advantage of multimedia information.
• Video conferencing applications taking advantage of both audio and video.
• Human mood detection, and classification of interactivity in duplexed multimedia signals as in conversations.
• Human computer interaction, ubiquitous computing using multimedia.
• Intelligent audio-video surveillance and other security-related applications. 
Special Issue on Signal Processing for Location Estimation and Tracking in Wireless Environments
Call for Papers
In recent years, the proliferation of mobile computing devices and wireless technologies has fostered a growing interest in location-aware systems and services. The availability of location information on objects and human beings is critical in many military and civilian applications such as emergency call services, tracking of valuable assets, monitoring individuals with special needs in assisted living facilities, locationassisted gaming (e.g., Geocaching), etc. Existing positioning systems can be categorized based on whether they are intended for indoor or outdoor applications. Within both of these application areas, there are two major categories of position estimation techniques, as discussed below.
• Geometric techniques-Position is estimated by exploiting time of arrival (TOA), time difference of arrival (TDOA), angle of arrival (AOA) or other information derived from the relationship between the geometry of an array of receivers and the modeled propagation characteristics of the transmitted signal.
• Mapping approaches-Position is estimated based on comparison of local measurements to a "map" of expected distribution of the measured values. For example, in a wireless LAN application, received signal strength (RSS) might be observed either at the location of the client or at a remote reference point. Mapping approaches are also known as location fingerprinting.
Although geometric approaches have the potential to achieve higher precision than mapping approaches, they generally require direct-path signal reception or accurate environmental information at the receiver and often perform poorly in complex multipath environments. On the other hand, estimation accuracy of mapping approaches is limited by both the accuracy of the reference map and the accuracy of observed measurements. Furthermore, frequent and extensive site-survey measurements are often needed to accommodate the time varying nature of wireless channels, structural changes in the environment, and upgrades of wireless infrastructure.
In addition to snapshots of AOA, TOA, TDOA or RSS measurements, motion models or prior knowledge of structural constraints can often be used to enhance location estimation accuracy for mobile objects by "tracking" location estimates over time. Trackers that integrate such information into the computation of location estimates are generally implemented using techniques such as Kalman filters, particle filters, Markov chain Monte Carlo methods, etc.
The purpose of the proposed special issue is to present a comprehensive picture of both the current state of the art and emerging technologies in signal processing for location estimation and tracking in wireless environments. Papers are solicited on all related aspects from the point of view of both theory and practice. Submitted articles must be previously unpublished and not concurrently submitted for publication on other journals.
Topics of interest include (but are not limited to): 
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Track Before Detect Algorithms
Call for Papers
Seamless detection and tracking schemes are able to integrate unthresholded (or below target detection threshold) multiple sensor responses over time to detect and track targets in low signal-to-noise ratio (SNR) and high clutter scenarios. These schemes, also called "track-before-detect (TBD)" algorithms are especially suitable for tracking weak targets that would only very rarely cross a standard detection threshold as applied at the sensor level.
Thresholding sensor responses result in a loss of information. Keeping this information allows some TBD approaches to deal with the classical data association problem effectively in high clutter and low SNR situations. For example, in detection scenarios with simultaneous activation/illumination from different signal sources this feature allows the application of triangulation techniques, where in the case of contact tracking approaches essential information about weak targets would often be lost because these targets did not produce signals that cross the normal detection threshold. Extending this example to a multi-sensor network scenario, a TBD algorithm that can use unthresholded (or below threshold) data has the potential to show improved performance compared to an algorithm that relies on thresholded data. In low SNR situations, this can substantially increase performance particularly in the case of a dense multi-target scenario.
Naturally, TBD algorithms consume high computational processing power: An efficient realization and coding of the TBD scheme is mandatory.
Another issue that arises when using the TBD scheme is the quality of the sensor model: Practical experience with thresholded data shows that a coarser modelling of the likelihood function might be sufficient and often leads to robust algorithms. How much have these sensor models to be improved in order to allow the TBD algorithms to exploit the information provided with the unthresholded data? TBD algorithms that are well known to the tracking community are the likelihood ratio detection and tracking (LRDT), maximum likelihood probabilistic data association (MLPDA ), maximum likelihood probabilistic multihypothesis tracking (MLPMHT), Houghtransform based methods and dynamic programming techniques; also related are the probability hypothesis density (PHD), the histogram probabilistic multi-hypothesis tracking (H-PMHT) algorithms, and, of course, various particle filter approaches. Some of these algorithms are capable of tracking extended targets and performing signal estimation in multi-sensor measurements.
The aim of this special issue is to focus on recent developments in this expanding research area. The special issue will focus on one hand on the development and comparison of algorithmic approaches, and on the other hand on their currently ever-widening range of applications such as in active or passive surveillance scenarios (e.g. for object tracking and classification with image and video based sensors, or scenarios involving chemical, electromagnetic and acoustic sensors). Special interest lies in multi-sensor data fusion and/or multi-target tracking applications.
Authors should follow the EURASIP Journal on Advances in Signal Processing manuscript format described at the journal site http://www.hindawi.com/journals/asp/. Prospective authors should submit an electronic copy of their complete manuscript through the EURASIP JASP Manuscript Tracking System at http://www.hindawi.com/mts/, according to the following timetable:
EURASIP JOURNAL ON APPLIED SIGNAL PROCESSING
Special Issue on Advanced Signal Processing and Pattern Recognition Methods for Biometrics Call for Papers
Biometric identification has established itself as a very important research area primarily due to the pronounced need for more reliable and secure authentication architectures in several civilian and commercial applications. The recent integration of biometrics in large-scale authentication systems such as border control operations has further underscored the importance of conducting systematic research in biometrics. Despite the tremendous progress made over the past few years, biometric systems still have to reckon with a number of problems, which illustrate the importance of developing new biometric processing algorithms as well as the consideration of novel data acquisition techniques. Undoubtedly, the simultaneous use of several biometrics would improve the accuracy of an identification system. For example the use of palmprints can boost the performance of hand geometry systems. Therefore, the development of biometric fusion schemes is an important area of study. Topics related to the correlation between biometric traits, diversity measures for comparing multiple algorithms, incorporation of multiple quality measures, and so forth need to be studied in more detail in the context of multibiometrics systems. Issues related to the individuality of traits and the scalability of biometric systems also require further research. The possibility of using biometric information to generate cryptographic keys is also an emerging area of study. Thus, there is a definite need for advanced signal processing, computer vision, and pattern recognition techniques to bring the current biometric systems to maturity and allow for their large-scale deployment.
This special issue aims to focus on emerging biometric technologies and comprehensively cover their system, processing, and application aspects. Submitted articles must not have been previously published and must not be currently submitted for publication elsewhere. Topics of interest include, but are not limited to, the following:
• 
Call for Papers
Data converters (ADCs and DACs) ultimately limit the performance of today's communication systems. New concepts for high-speed, high-resolution, and power-aware converters are therefore required, which also lead to an increased demand for high-speed and high-resolution sampling systems in the measurement industry. Present converter technologies operate on their limits, since the downscaling of IC technologies to deep submicron technologies makes their design increasingly difficult. Fortunately, downscaling of IC technologies allows for using additional chip area for digital signal processing algorithms with hardly any additional costs. Therefore, one can use more elaborate signal processing algorithms to improve the conversion quality, to realize new converter architectures and technologies, or to relax the requirements on the analog design. Pipelined ADCs constitute just one example of converter technology where signal processing algorithms are already extensively used. However, time-interleaved converters and their generalizations, including hybrid filter bank-based converters and parallel sigma-delta-based converters, are the next candidates for digitally enhanced converter technologies, where advanced signal processing is essential. Accurate models constitute one foundation of digital corrected data converters. Generating and verifying such models is a complex and time-consuming process that demands high-performance instrumentation in conjunction with sophisticated software defined measurements.
The aim of this special issue is to bring forward recent developments on signal processing methods for data converters. It includes design, analysis, and implementation of enhancement algorithms as well as signal processing aspects of new converter topologies and sampling strategies. Further, it includes design, analysis, and implementation of software defined measurements for characterization and modeling of data converters.
Topics of interest include (but are not limited to):
• Analysis, design, and implementation of digital algorithms for data converters 
Diversity is a powerful technique to mitigate channel fading and to improve robustness to cochannel interference in a wireless network. Space-time wireless systems traditionally use multiple colocated antennas at the transmitter and receiver along with appropriate signal design (also known as space-time coding) to realize spatial diversity in the link. Typically this diversity can augment any frequency and time diversity available to the receiver. Multiple antennas also offer the ability to use spatial multiplexing to dramatically increase the data rate. A recent development in this area aims at dispensing with the need for colocated antennas. Popularly known as the cooperative diversity technique, this uses the antennas at multiple user terminals in a network in the form of a virtual antenna array to realize spatial diversity in a distributed fashion. Such techniques create new challenges in the design of wireless systems.
The purpose of this call for papers is to address some of these challenges such as new protocols for cooperative diversity, cross-layer design, cooperative multiplexing, space-time coding for distributed antennas, cooperative channel estimation and equalization, selecting the right users for participating in a cooperative network, modulation specific issues like OFDMA and CDMA, and distributed space-time processing for sensor networks.
Papers on the following and related topics are solicited for this special issue:
• New protocols for cooperative diversity systems One of the major requirements for most applications based on wireless ad hoc and sensor networks is accurate node localization. In fact, sensed data without position information is often less useful. Due to several factors (e.g., cost, size, power), only a small fraction of nodes obtain the position information of the anchor nodes. In this case, a node has to estimate its position without a direct interaction with anchor nodes and a cooperation between nodes is needed in a multihop fashion. In some applications, none of the nodes are aware of their absolute position (anchor-free) and only relative coordinates are estimated instead.
Most works reported in the literature have studied cooperative localization with the emphasis on algorithms. However, very few works give emphasis on the localization as estimation or on the investigation of fundamental performance limits as well as on experimental activities. In particular, the fundamental performance limits of multihop and anchor-free positioning in the presence of unreliable measurements are not yet well established. The knowledge of such limits can also help in the design and comparison of new low-complexity and distributed localization algorithms. Thus, measurement campaigns in the context of cooperative localization to validate the algorithms as well as to derive statistical models are very valuable.
The goal of this special issue is to bring together contributions from signal processing, communications and related communities, with particular focus on signal processing, new algorithm design methodologies, and fundamental limitations of cooperative localization systems. Papers on the following and related topics are solicited:
• anchor-based and anchor-free distributed and cooperative localization algorithms that can cope with unreliable range measurements • derivation of fundamental limits in multihop and anchor-free localization scenarios
• new localization algorithms design methodologies based, for example, on statistical inference and factor graphs • low-complexity and energy-efficient distributed localization algorithms • distributed ranging and time synchronization techniques • measurement campaigns and statistical channel modeling • algorithm convergence issues • UWB systems • localization through multiple-antenna systems • experimental results Authors should follow the EURASIP JASP manuscript format at http://www.hindawi.com/journals/asp/. Prospective authors should submit an electronic copy of their complete manuscript through the EURASIP JASP Manuscript Tracking System at http://www.hindawi.com/mts/, according to the following timetable:
EURASIP JOURNAL ON WIRELESS COMMUNICATIONS AND NETWORKING
Special Issue on
Multimedia over Wireless Networks
Call for Papers
Scope
In recent years there has been a tremendous increase in demand for multimedia delivered over wireless networks. The design and capabilities of the mobile devices and the services being offered reflect the increase in multimedia usage in the wireless setting. Applications that are in the process of becoming essential to users include video telephony, gaming, or TV broadcasting. This trend creates great opportunities for identifying new wireless multimedia applications, and for developing advanced systems and algorithms to support these applications. Given the nature of the channel and of the mobile devices, issues such as scalability, error resiliency, and energy efficiency are of great importance in applications involving multimedia transmission over wireless networks.
The papers in this issue will focus on state-of-the-art research on all aspects of wireless multimedia communications. Papers showing significant contributions are solicited on topics including but are not limited to:
• Error resilience and error concealment algorithms 
Call for Papers
Recent advances in hardware and wireless communications technologies have made possible the design of low-cost, lowpower, multifunctional sensor devices. When deployed in a large number across a geographical area, these sensor devices collaborate among themselves to create a network for distributed sensing and automated information gathering, processing, and communication. Wireless sensor networks are a special case of wireless ad hoc networks that assume a multihop communication framework with no infrastructure, where the sensor devices cooperate to convey information from a source to a destination. This revolutionary technology will present a huge impact on a broad range of applications: monitoring the health status of humans, animals, plants, and civil-engineering structures, control and instrumentation of industrial machines and home appliances, energy conservation, security, detection of chemical and biological leaks. The upcoming years will very likely witness a growing demand for intelligent sensor systems that will be networked with wireless local area networks (WLANs) and Internet for increased functionality and performance. In general, the design of wireless sensor networks is subject to the following requirements:
• low energy consumption, which is manifested in minimal energy expenditure in each sensor node and efficient usage of power-saving sleep/wake-up modes • scalability with the increase in the number of sensors with the goal to extract information from noisy spatiotemporal measurements collected at the nodes • broadcast communication paradigm and the increased possibility of packet collisions and congestions • absence of centralized communication infrastructure • possibility of frequent node failures and network topology changes
The goal of this special issue is to present the state-ofthe-artresults and emerging signal processing approaches for wireless sensor networks that can cope with the abovementioned challenges. Submitted articles must not have been previously published and must not be currently submitted for publication elsewhere. Topics of interest include the following:
• distributed estimation, detection, inference, and learning algorithms • clock and carrier synchronization techniques • design of distributed modulation techniques • distributed power control algorithms • performance bounds and statistical analysis Due to the existence of a concurrent call for proposals, papers dealing with localization and tracking applications will not be accepted.
EURASIP JOURNAL ON ADVANCES IN SIGNAL PROCESSING
Special Issue on
MIMO Transmission with Limited Feedback Call for Papers
During the past decade, multiple-antenna transmission (MIMO) systems have matured. However, when comparing their potential capacities with their achieved throughputs, we notice large gaps. The price for the MIMO advantages is implementation complexity and the use of specific signal processing tools that cannot be directly inferred from one-toone (i.e. single-channel) systems. For instance, water-filling does not seem feasible due to the large amount of required feedback information. State-of-the-art standards like 3GPP and WiMax support only very limited feedback. Nevertheless, adaptive modulation and coding (AMC) schemes, selective space-time coding, as well as antenna selection have shown that significant improvements are achievable even with very limited feedback. In this setting, MIMO-OFDM schemes are of central interest to industry and academia. For instance, an important challenge is to find an adequate representation of the MIMO channel's quality-independently of the system architecture and signal processing techniques currently available. A proper labeling or characterization of the MIMO channel quality regardless of the spatial processing to be used enables deciding on the reception or transmission strategy to use (e.g. with or without channel state information, to optimize diversity or rate, etc.) and, thus, on the amount of feedback that is required in transmission.
MIMO transmission can be point-to-point or distributed, in fact, when looking not just into the physical layer, but also into the link layer, feedback load is especially critical in multiuser MIMO systems because of its much higher number of degrees of freedom. Opportunistic scheduling strategies have been developed which (more or less heuristically) take into account the requirements on QoS.
This special issue focuses on such transmission systems with limited feedback and provides an overview of the state of the art.
• Adaptive modulation and coding The regular technical program will run for three days along with an exhibition of signal processing and information sciences products. In addition, tutorial sessions will be held on the first day of the symposium. Presentations will be given in the following topics:
